The latest-generation cochlear implant devices provide many deaf patients with good speech recognition in quiet listening conditions. However, speech recognition deteriorates rapidly as the level of background noise increases. Previous studies have shown that, for cochlear implant users, the absence of fine spectro-temporal cues may contribute to poorer performance in noise, especially when the noise is dynamic (e.g., competing speaker or modulated noise). Here we report on sentence recognition by cochlear implant users and by normal-hearing subjects listening to an acoustic simulation of a cochlear implant, in the presence of steady or square-wave modulated speech-shaped noise. Implant users were tested using their everyday, clinically assigned speech processors. In the acoustic simulation, normal-hearing listeners were tested for different degrees of spectral resolution (16, eight, or four channels) and spectral smearing (carrier filter slopes of j24 or j6 dB/octave). For modulated noise, normal-hearing listeners experienced significant release from masking when the original, unprocessed speech was presented (which preserved the spectrotemporal fine structure), while cochlear implant users experienced no release from masking. As the spectral resolution was reduced, normal-hearing listeners' release from masking gradually diminished. Release from masking was further reduced as the degree of spectral smearing increased. Interestingly, the mean speech recognition thresholds of implant users were very close to those of normal-hearing subjects listening to four-channel spectrally smeared noise-band speech. Also, the best cochlear implant listeners performed like normal-hearing subjects listening to eight-to 16-channel spectrally smeared noise-band speech. These findings suggest that implant users' susceptibility to noise may be caused by the reduced spectral resolution and the high degree of spectral smearing associated with channel interaction. Efforts to improve the effective number of spectral channels as well as reduce channel interactions may improve implant performance in noise, especially for temporally modulated noise.
INTRODUCTION
With the introduction of the cochlear implant (CI) device, hearing sensation has been restored to many profoundly deaf patients. Many postlingually deafened patients, fitted with the latest multichannel speech processors, perform very well in quiet listening situations. However, speech performance deteriorates rapidly with increased levels of background noise, even for the best CI users. Understanding CI users' susceptibility to noise remains a major challenge for researchers (e.g., Dowell et al. 1987; Hochberg et al. 1992; Kiefer et al. 1996; Mü llerDeiler et al. 1995; Skinner et al. 1994) , and is an important step toward improving CI users' performance in noisy listening conditions. Recent innovations in electrode design and speech processing have helped to improve CI users' performance in noise (Skinner et al. 1994; Kiefer et al. 1996) . However, even with the latest technology, the speech recognition of CI listeners is more susceptible to background noise than that of normal-hearing (NH) listeners, especially when the interfering sound is competing speech or temporally modulated noise (Mü ller-Deiler et al. 1995; Nelson et al. 2003) . Nelson et al. (2003) measured sentence recognition in the presence of both steady and modulated speechshaped noise in both CI and NH listeners. Not surprisingly, NH listeners obtained significant release from masking from modulated maskers, especially at the 8-Hz masker modulation frequency, consistent with previous findings that NH listeners may take advantage of the temporal gaps in the fluctuating maskers (Bacon et al. 1998; Gustafsson and Arlinger 1994) . In contrast, CI users experienced very little release from masking from modulated maskers; speech recognition was more adversely affected at syllabic modulation rates (2Y4 Hz). The authors argued that CI users' speech processing strategies and/or lack of spectro-temporal details in the processed speech did not allow for the release from masking with modulated maskers observed with NH listeners. This observation also applies to subjects with sensorineural hearing loss when listening to amplified speech (e.g., Bacon et al. 1998; Festen and Plomp 1990; Takahashi and Bacon 1992) . Audibility alone cannot explain the additional masking experienced by listeners with sensorineural hearing loss (Eisenberg et al. 1995) .
These previous studies suggest that diminished spectral resolution is responsible for increased susceptibility to noise (Fu et al. 1998; Nelson et al. 2003; Nelson and Jin 2004; Qin and Oxenham 2003) . For hearing-impaired (HI) subjects listening to amplified speech, broadened auditory tuning curves can reduce the spectral resolution (e.g., Horst 1987). Several factors limit CI users' available spectral resolution: (1) the number of implanted electrodes (presently, 16Y22, depending on the implant device); (2) the uniformity and health of surviving neurons and their proximity to the implanted electrodes; and (3) the amount of current spreading from the stimulating electrodes. While the first factor describes the limited spectral resolution transmitted by the implant device, the second and third factors describe the amount of spectral detail received by CI users (which may differ greatly between patients). When these spectral details are smeared (because of channel/electrode interactions), CI users' effective spectral resolution can be further reduced, relative to the spectral information transmitted by the implant device. The effects of spectral smearing on speech recognition in noise have been well documented (e.g., ter Keurs et al. 1992 Keurs et al. , 1993 Moore 1993, 1994; Nejime and Moore 1997; Boothroyd et al. 1996) . In general, reduced spectral resolution because of spectral smearing will cause a significant performance drop in quiet and worsen further in noise.
The present study investigates whether CI users' increased noise susceptibility, especially to dynamically changing noise, is a result of the reduced spectral resolution caused by the limited number of spectral channels and/or channel interactions across the simulated electrodes. Speech recognition thresholds (SRTs) in the presence of steady-state or square-wave modulated speech-shaped noise were measured in CI users as well as in NH subjects listening to an acoustic CI simulation. Cochlear implant users were tested using their everyday, clinically assigned speech processors. Normal-hearing listeners were tested for different degrees of spectral resolution (16, eight, or four channels) and spectral smearing (j24 or j6 dB/octave carrier band filters). The data from NH subjects for these spectral resolution and smearing conditions were compared to those from CI users.
METHODS

Subjects
Ten CI users and six NH subjects participated in the experiment. Cochlear implant subjects were 35Y70 years old. Nine were postlingually deafened. One (M1) was deafened at seven years of age. All were native speakers of American English and all had at least three months experience with their CI device and mapping strategy. Four subjects (S1YS4) used the Nucleus-22 device, one subject used the Clarion I device, and five subjects used the Clarion CII device. All were considered Bgood users^of the implant device, in that they were able to achieve near-perfect HINT sentence recognition in quiet with their everyday speech processors. Poor users were not selected for this study to avoid floor effects. All implant participants had extensive experience in speech recognition experiments. Table 1 contains relevant information for the 10 CI subjects. The six NH listeners (three males and three females) were 26Y37 years old. All NH subjects had pure tone thresholds better than 15 dB HL at audiometric test frequencies from 250 to 8000 Hz and all were native speakers of American English.
Cochlear implant speech processor settings
All CI listeners were tested using their everyday, clinically assigned speech processors. Information regarding each CI subject's implant device and speech processor parameters is shown in Table 1 . Sentence recognition was conducted in free field in a double-walled sound treated booth (IAC). The signal was presented at 65 dBA via a single loudspeaker (Tannoy Reveal); subjects were seated 1 m from the loudspeaker and instructed to face the loudspeaker directly. Subjects were instructed to use their everyday volume and microphone sensitivity settings and disable any noise reduction settings in their speech processors. Once set, subjects were asked to refrain from manipulating their processor settings during the course of the experiment.
Signal processing for acoustic simulation
For NH listeners, speech and noise were processed by an acoustic simulation of a CI. Noise-band vocoder speech processing was implemented as follows. The input acoustic signal was band-pass filtered into several broad frequency bands (16, eight, or four, depending on the test condition) using fourth-order Butterworth filters (j24 dB/octave). Table 2 shows the cutoff frequencies of the analysis bands for the three spectral resolution conditions. The amplitude envelope was extracted from each band by half-wave rectification and low-pass filtering (fourth-order Butterworth) with a 160-Hz cutoff frequency. The extracted envelope from each band was used to modulate a wideband noise, which was then spectrally limited by a bandpass filter corresponding to the analysis band filter. Depending on the spectral smearing test condition, the slope of the carrier band filters was either j24 dB/octave (which matched the analysis band filter slope and simulated a CI with little channel interaction) or j6 dB/octave (which simulated a CI with significantly more channel interaction). The outputs from each band were 1  200  272  1  200  359  1  200  591  2  272  359  3  359  464  2  359  591  4  464  591  5  591  745  3  591  931  2  591  1426  6  745  931  7  931  1155  4  931  1426  8  1155  1426  9  1426  1753  5  1426  2149  3  1426  3205  10  1753  2149  11  2149  2627  6  2149  3205  12  2627  3205  13  3205  3904  7  3205  4748  4  3205  7000  14  3904  4748  15  4748  5768  8  4748  7000  16 5768 7000
summed and presented to NH listeners in free field via a single loudspeaker (Tannoy Reveal) at 65 dBA in a double-walled, sound-treated booth (IAC). Figure 1 shows an example of the acoustic processing used to simulate spectral smearing in a CI. The left panel shows the averaged short-term spectra for the vowel /i/, processed by a 16-channel noise-band vocoder. The steep carrier filter slope (j24 dB/octave; dotted line) clearly preserves the formant structure, including formant frequencies and the valley between formants. While the formant frequencies are still well preserved by the shallow carrier filter slope (j6 dB/octave; solid line), the level difference between formant peaks and spectral valleys is significantly reduced. The right panel shows the averaged short-term spectra for the vowel /i/, processed by a four-channel noise-band vocoder. With four spectral channels and steep filter slopes, the formant structure is less clear than with the 16-channel processor with steep filter slopes; the second formant is much less distinct. With four spectral channels and shallow filter slopes, the level difference between formant peaks and spectral valleys is further reduced. In general, the number of spectral channels will mainly affect the peak formant frequencies, while the slope of the carrier filters will mainly affect the level difference between formant peaks and spectral valleys. The smearing method used in the present study aims at simulating electrode interactions in CIs and is slightly different from smearing methods used in previous studies (e.g., Baer and Moore 1994; Boothroyd et al. 1996) . Nevertheless, the change of acoustic characteristics (e.g., formant patterns) in the frequency domain is comparable for all these smearing approaches. Note, however, that these various approaches to spectral smearing may not be equivalent in the time domain.
Test materials and procedure
Speech materials consisted of sentences taken from the Hearing in Noise Test (HINT) sentence set (Nilsson et al. 1994 ). This set consists of 260 sentences, spoken by one male talker. Speech-shaped noise (either steady-state or gated at various interruption rates) was used as a masker. Gated noise frequencies ranged from 1 to 32 Hz, resulting in noise bursts that ranged in duration from 16 ms (32 Hz) to 500 ms (1 Hz). Gating was implemented using 50% duty cycles and 100% modulation depths; all gates had 2-ms cosine squared ramps. The onset of noise was 500 ms before the sentence presentation and the offset of noise was 500 ms after the end of the sentence presentation; masker rise and fall times were 5 ms.
During testing, NH subjects listened to combined speech and noise processed by CI simulations (or unprocessed speech and noise for baseline measures); CI subjects listened to combined speech and noise (unprocessed) through their everyday, clinically assigned speech processors. Speech and noise were mixed at the target signal-to-noise ration (SNR) prior to processing. The SNR was defined as the difference, in decibels, between the long-term root mean square (RMS) levels of the sentence and the noise. Because the RMS level of gated noise was calculated for the whole cycle, the peak RMS level of gated noise was 3 dB higher than that of steady noise at the same SNR. After mixing the sentence and the noise at the target SNR, the overall presentation level was adjusted to 65 dBA to maintain comfortable listening levels at all SNRs. For NH listeners, the combined speech and noise was then processed by the CI simulation and output to a single loudspeaker. For CI listeners (and NH subjects listening to unprocessed speech), the unprocessed speech and noise was output to a single loudspeaker.
Subjects were tested by using an adaptive SRT procedure. The SRT has been defined as the SNR that produces 50% correct sentence recognition (Plomp 1986 ). In the Plomp study, sentence recognition was measured at various fixed SNRs, producing a psychometric function that was sigmoidal in shape. Performance was relatively unaffected until the SNR was sufficiently low, beyond which recognition dropped steeply. The SNR corresponding to 50% correct whole-sentence recognition along the psychometric function was defined as the SRT. Because of the limited sentence materials and numerous test con- ditions, a modified method was used to measure the SRT in the present study. The SNR was adapted according to the correctness of response. Because the HINT sentences were easy (all subjects were capable of nearly 100% correct in quiet), sentence recognition was very sensitive to the SNR; near the SRT, most subjects were able to either immediately recognize the sentence, or not. Thus SNR adjustments were made along the steep slope of Plomp's psychometric function. In the present study, the SRT was measured by using an adaptive 1-up/1-down procedure (Nilsson et al. 1994) . When the subject repeated every word of the sentence correctly, the SNR was reduced by 2 dB; if the subject did not repeat every word correctly, the SNR was increased by 2 dB. Within each test run, the mean of the final eight reversals in the SNR was defined as the SRT (the SNR needed to produce 50% correct sentence recognition). For all data shown, a minimum of two runs were averaged for each condition. A potential problem with the adaptive SRT procedure is intrasubject variability between test runs, which can make the threshold measurement somewhat noisy. To reduce this source of variability, additional runs were conducted when the difference between two runs was more than 6 dB. For most CI subjects, four or more runs per condition were collected.
For NH listeners, the j24 dB/octave carrier filter slope conditions were tested before the j6 dB/octave conditions at all spectral resolution and noise conditions. The spectral resolution and noise condition were otherwise randomized and counterbalanced across subjects. For CI listeners, the noise conditions were randomized and counterbalanced across subjects. Figure 2 shows mean SRTs as a function of noise conditions for NH and CI subjects listening to unprocessed speech in noise. The filled circles represent the data from the NH listeners while the open circles represent the data from the CI listeners. For NH listeners, the poorest performance was observed with steady-state noise (SRT = j4.6 dB). Performance improved with gated noise, and the peak performance was observed with 4-Hz gated noise (SRT = j22.2 dB). Performance fell to j8.5 dB as the modulation frequency was increased from 4 to 32 Hz. A one-way repeated measures analysis of variance (ANOVA) revealed that NH listeners' SRTs with unprocessed speech were significantly affected by the noise conditions [F(6, 35) = 24.255, p G 0.001]. A post hoc Tukey's test showed that better speech recognition was observed for gated frequencies of 16 Hz or less, relative to steady-state noise.
RESULTS
The mean SRT for CI patients was +10.0 dB in steady-state noise, about 14.6 dB worse than that of NH listeners. In contrast to NH listeners' results, the poorest performance was observed with 4-Hz modulated noise (SRT = 12.0 dB), while peak performance was observed for 32-Hz modulated noise (SRT = 8.5 dB). The largest difference between the SRTs for various noise conditions was only 3.5 dB for CI users, as compared to 17.6 dB for NH listeners. An ANOVA test revealed no significant main effect of noise conditions on the SRTs [F(6, 63) = 0.789, p = 0.582], most likely as a result of the high variability across CI patients (individual subject data are provided in Fig. 3 ). Within-subject paired Student's t-tests did reveal that CI users' SRTs were significantly worse for the 2-Hz [t(9) = 2.75, p = 0.023] and 4-Hz gated noise conditions [t(9) = 3.35, p G 0.01], and significantly better for 32 Hz [t(9) = 3.45, p G 0.01], relative to steady-state noise. Defining masking release as the SRT difference between gated noise and steady-state noise, ANOVA tests showed a small but significant effect of modulation frequency on the amount of masking release in CI patients [F(5,54) = 4.765, p = 0.001].
CI users' SRTs were highly variable, even among users of the same implant device and speech processing strategy. Figure 3 shows the mean performance of each CI device (solid lines), with individual CI users' scores shown as unfilled symbols. The best performer in each group is represented by the open circles. The best performer among all CI subjects used the Clarion CII device with HiRes (subject C1); the poorest performer used the Clarion CII device with CIS (subject C5). It should be noted there was only one MedEl user in the CI group (subject M1). Unfortunately, there were not enough users per device or processing strategy type to allow formal statistical analysis of any implant device differences in performance. Figure 4 shows the mean SRTs as a function of noise conditions in NH subjects listening to four-, eight-, and 16-channel noise-band speech. Panel A shows the data with j24 dB/octave carrier filter slope while panel B shows results with j6 dB/octave carrier filter slope. The mean SRTs for NH and CI subjects with unprocessed speech are shown by the dotted and dashed lines, respectively. For the steep carrier filter slope conditions (j24 dB/octave), reduced spectral resolution negatively affected NH listeners' SRTs. Relative to unprocessed speech, SRTs were significantly worse for the 16-channel processor with j24 dB/octave carrier filter slopes (which was the highest spectral resolution with the least channel interaction simulated in the study). The shift in SRTs was different for various noise conditions, ranging from 5.4 dB for steady-state noise to 13.7 dB for the 4-Hz modulation frequency (relative to unprocessed speech). When the spectral resolution was further reduced, SRTs worsened at all noise conditions. Similar to the 16-channel processor, for the eightand four-channel processors, the minimum shift in SRTs occurred for the steady-state noise condition, while the peak shift occurred for the 2-or 4-Hz gated noise condition. A two-way ANOVA showed significant main effects of noise conditions [F(6,140 When the spectrum was further smeared by the shallow j6 dB/octave carrier filter slope (Fig. 4B) , the SRTs worsened for all spectral resolution conditions, relative to performance with the steep carrier filter slope (j24 dB/octave). For the j6 dB/octave filter condition, the SRT shift relative to the j24 dB/ octave filter condition was 1.6 dB (16-channel), 3.3 dB (eight-channel), and 3.8 dB (four-channel) in steadystate noise. For gated noise, the maximum SRT shift relative to performance with the steep carrier filter slope was 11.3, 12.3, and 8.2 dB for 16-channel, eightchannel, and four-channel versions, respectively. A three-way ANOVA test (with spectral resolution, carrier filter slopes, and noise conditions as factors) showed significant main effects for spectral resolution Mean CI performance was comparable to that of NH subjects listening to four spectrally smeared channels (j6 dB/octave filters). The best CI user's performance was comparable to that of NH subjects listening to 8Y16 spectrally smeared channels, or four spectrally independent channels (j24 dB/octave). The poorest CI user's performance was sometimes worse than that of NH subjects listening to four spectrally smeared channels.
DISCUSSION
The data from the present study clearly demonstrate CI patients' high susceptibility to background noise. The results from NH subjects suggest that a combination of poor frequency resolution and channel interaction contribute strongly to CI users' difficulty in noisy listening situations, especially temporally modulated noise.
Regardless of the type of noise (e.g., steady-state or modulated), CI users' speech recognition in noise is negatively affected by the loss of spectro-temporal fine structure caused by the limited number of electrodes and spectral channels in the speech processing strategy, consistent with the previous results (Fu et al. 1998; Nelson et al. 2003; Nelson and Jin 2004; Qin and Oxenham 2003) . Fewer numbers of channels degrade the spectral resolution, and speech recognition becomes difficult in noise. However, the number of spectral channels transmitted by the speech processor and implant device may not completely account for the poorer performance of CI users in noise, especially temporally modulated noise. Listening to four spectrally independent channels, NH subjects' mean SRTs were significantly better than that of CI users. Only when the spectral cues were smeared by the shallow filter slopes (j6 dB/octave) did NH listeners' performance become comparable to that of CI users. For all spectral resolution and noise conditions, NH listeners' performance worsened with the shallow carrier filter slopes. There was no release of masking with the modulated maskers for four-or eight-channel spectrally smeared speech. While mean CI performance was comparable to that of NH subjects listening to four spectrally smeared channels, the best CI user's performance was comparable to that of NH subjects listening to eight spectrally smeared channels, or four spectrally independent channels. This result suggests that, although more than four spectral channels are transmitted by the implant device (the CI devices tested transmitted between eight and 22 channels, depending on the manufacturer and the strategy), CI users may experience a high degree of channel interaction, thereby reducing their functional spectral resolution.
Consistent with previous studies' results, NH subjects experienced significant release from masking with the gated maskers when listening to the unprocessed speech. The greatest amount of masking release (17.6 dB) was obtained with the 4-Hz masker, while the least amount (3.9 dB) was with the 32-Hz masker. With steady-state noise, j4.6 dB SNR was required to obtain 50% correct whole-sentence recognition. However, with 4-Hz gated noise, j22.2 dB SNR produced 50% correct sentence recognition. This suggests that NH subjects were able to Blisten in the dips^of the masker envelope and better understand speech in noise. Even with reduced spectral resolution, NH subjects continued to experience significant amounts of masking release with the modulated maskers when the carrier filter slopes were steep. However, the amount of masking release was highly dependent on the degree of spectral resolution, i.e., masking release diminished as the number of spectral channels decreased. When spectral smearing was introduced to the CI simulation (j6 dB/octave carrier filter slopes), significant masking release was observed only for the 16-channel condition.
For CI subjects, the gated noise provided very little release from masking. The performance difference between steady-state and gated noise (at any interruption rate) was relatively small. The present findings were consistent with the results of Nelson et al. (2003) in that there was slight improvement in recognition at very high (32 Hz) interruption rates and a slight deficit in performance at low rates (4 Hz). It is possible that the 4-Hz gated masker, being temporally similar to syllabic speech rates, produced increased interference of the speech signal. Speech may even have been Bfused^with the gated noise at the rate, in a kind of modulation detection interference across temporally similar envelopes. Because CI users lack the spectro-temporal fine structure to segregate the speech and noise sources, speech and noise may have been perceptually fused at this low modulation rate (e.g., Hall and Grose 1991; Yost 1992) .
Although there were not enough CI users to allow for direct and fair comparison between implant devices and speech processing strategies, there seemed to be little difference between devices, at least in terms of CI users' release from masking. While there were individual performance differences in terms of absolute recognition scores, outside of the occasional masking release at various modulation frequencies, there were no clear differences in trends across implant devices. Thus the specific processing characteristics of the implant devicesVincluding speech processing strategy, the number and location of implanted electrodes, the acousticYelectric frequency allocation, the acoustic input dynamic range and compression algorithms, the electric dynamic range, and amplitude mapping functions, etc. (all of which varied significantly across implant devices and individual implant users)Vdid not seem to account for CI users' generally poor performance in modulated noise. Another important observation is that there was as much within-device variability as between-device variability. These results strongly suggest that the variability in masking release seen among implant users is individual-based rather than device-based.
Differences between the various implant devices in terms of acoustic input compression algorithms also make cross-device comparisons difficult, especially when using an adaptive SRT method. Differences between the BfrontYend^compressors of various devices may cause the effective SNR to be very different from the nominal SNR presented to CI subjects. Depending on the attack and release times, the compression threshold and ratio, the acoustic input dynamic range, and microphone sensitivity settings, CI users of different devices may have experienced very different SNRs at various points of the adaptive SRT test. The input SNR to a speech processor may be very different from the output of the frontYend compressor. The subsequent acousticYelectric mapping may also compress the signal, further distorting the input SNR. Because it is quite difficult to quantify the effects of various compressors to the input signal for different devices, it is difficult to know whether these compressors may have significantly affected CI users' ability to obtain release from masking with modulated maskers.
SUMMARY AND CONCLUSIONS
The data from the present study demonstrate that CI users' sentence recognition is severely compromised in the presence of fluctuating noise even at fairly high SNRs (e.g., 6 dB SNR). As long as the spectral channels did not overlap, NH subjects were able to obtain significant release from masking, even when the spectral resolution was severely reduced. In contrast, when the carrier bands were smeared to simulate channel interaction (j6 dB/octave filter), NH listeners exhibited no significant release from masking, even when the spectral resolution was relatively high (eight channels). Taken together, the results with CI and NH listeners suggest that CI users' increased noise susceptibility is primarily a result of reduced spectral resolution and the loss of fine spectro-temporal cues. Spectral cues transmitted by the limited number of implanted electrodes are further reduced by the degree of channel interaction between electrodes. Cochlear implant users are unable to access the important spectro-temporal cues needed to separate speech from noise, including fluctuating noise, because of severely reduced functional spectral resolution. Improved spectral resolution and better channel selectivity may allow CI users to better understand speech in challenging, noisy listening conditions.
